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Three different arrangements of position equipment adapt these 
Automatic Electric toll boards to various methods of handling toll 
traffic. These specific arrangements are detailed in this paper, as 
well as other electrical and mechanical arrangements that speed 
operation and make for easy maintenance, testing and operator 
training. 


MESAS DE LARGA DISTANCIA TIPO 31 

Estos cuadros conmutadores Automatic Electric, se adaptan a los 
varios métodos para el manejo del trdfico de larga distancia 
mediante tres arreglos diferentes del equipo de posicidén. En este 
articulo se describen estos arreglos y otras disposiciones eléctricas 
y mecdnicas que aceleran la operacién y facilitan el mantenimiento, 
las pruebas, asi como el adiestramiento de operadoras. 


EE EEE ee ree. 
AE’s Type 10Al1l Key Telephone System, which provides facilities 
for answering, holding, and transferring outside calls at any or all 
stations, has been expanded to provide intercom service as well. 
Key-capacity per station has been increased by the development of 
a new “Call Commander” telephone. 


AMPLIACION DEL SISTEMA A BOTONES TIPO I10AI 

Este Sistema que ofrece facilidades para la contestacidén, retencién 
y transferencia de llamadas troncales a cualquiera o a todos los 
teléfonos, ha sido ampliado para incorporar también servicio de 
intercomunicacién. La capacidad de botones por teléfono ha sido 
aumentada mediante el perfeccionamiento del nuevo teléfono “Call 
Commander”. 


i i ae ae ll 
Railroads, pipe-lines, and other “right-of-way” organizations are 
potential users of this equipment to automatically interconnect 
waystation message lines (local-battery) with P-A-B-X stations. 
Equipment comprises a Control Unit at the P-A-B-X switchboard, 
and a simple Dialing Unit at each waystation telephone. 


ESTE SISTEMA DE DISCADO PARA ESTACIONES INTERMEDIAS 

Este equipo interconecta automdticamente los teléfonos de las 
estaciones intermedias en la via (bateria local) con las extensiones 
de la PABX. Ofrece grandes ventajas para ferrocarriles, oleoductos 
y otras empresas similares. El equipo consta de una Unidad de 
Control ubicada en la PABX y de una simple Unidad de Discar en 
cada teléfono de via. 
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Growth of Direct Disheace Dialing emmphosians the er for facilities 
that will, without operator labor, handle inward calls to P-A-B-X 
stations, so as to permit more efficient use of toll facilities. This 
article describes various arrangements of equipment now available 
for providing such service. 


FACILIDADES DE TRANSFERENCIA 

Con el desarrollo del Discado Directo a Distancia, resalta la 
necesidad de contar con medios que permitan el manejo, sin la 
intervencién de operadoras, de las llamadas entrantes directamente 
a las extensiones de la PABX, para permitir el uso mds eficiente 
de los equipos de larga distancia. En este articulo se resefian varias 
combinaciones del equipo para proporcionar tal servicio. 
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APLICACION DE LAS TECNICAS DE INFORMACION DIGITAL 

Y DE IMPULSOS CODIFICADOS A LA TELEFONIA 

La transmission de sefiales de voz por impulsos codificados, ofrece 
un medio para reducir al minimo el deterioro debido a la atenua- 
ciédn y al ruido moderado. Por transmitir impulsos digitales, provee 
inherentemente un vehiculo conveniente para la transmisién de 
datos por alta velocidad. En este articulo se esbozan tres técnicas 
prometedoras: Modulacién por Impulsos Codificados (PCM ), Modu- 
lacién Delta (DM) y Modulacién Delta Exponencial (EDM). 
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and into equipment bays. A Remote-Control Test Set is provided, 
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Este nuevo probador reemplaza a las conocidas mesas de prueba 
rodantes. Puede llevarse en la mano, entre centrales y por los 
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TYPE 3] 


TOLL BOARDS 


for all Modern Operating Practices 


By H. W. Balzer 


\— Electric manufactures a series of Type 31 Toll Boards*, offering many modern features 
and a high degree of adaptability. Starting with one basic design, modifications have been made to 
provide for all operating practices now in wide use. Three different arrangements of positional and 
common equipment have thus evolved, identified as Types 31A, 31B, and 31C. The differences between 
these arrangements, and the specific applications of each, are described in the following pages. 


Before discussing their differences, however, we will review the many ways in which the Type 31 Toll 


Boards are alike: 


e They use A.E. Type 57 relays, with inde- 
pendent twin contacts to insure greater reliability 
and need less maintenance. 


e They provide both DC and MF impulse 
sending, and automatically use the proper method, 
depending upon the requirements of each trunk. 


e They cut power requirements by “idle-line 
indicating’—lighting only the lamp associated 
with the next available trunk in each group, not 
the lamps of all busy trunks. 


e They also provide an extremely simple and 
trouble-free night-alarm system, controlled over 
a separate lead from the line and trunk circuits. 


e They permit “tip-busy” testing: (a) to re- 
place the visual idle indication, in small trunk 
groups; (b) to permit cutting off the idle-line 
indicating circuits in large trunk groups, during 
light-load periods. 


e To meet VNL transmission requirements, all 
circuits are arranged to provide improved return 
loss at the lower frequencies, besides providing for 
2 db fixed pads, where required. 


e Trunk circuits employed are all arranged for 
use with simplex pulsing inter-toll switch trains. 
The simplex pulsing inter-toll switch train is 
better adapted to fixed-pad via-net-loss switching 
to meet modern requirements for improved trans- 
mission on toll calls; it also requires only one 
pulse repetition on through-dial calls. 


e They use trunk circuits which are individual 
units, each wired to a self-contained terminal 
block. No pre-formed cables are required; simple 
jumper wiring is used to connect battery, ground, 
and signals. 





*For a detailed comparison of the Type 31 and the former 
Type 30, see AE Equipment Memorandum EM-MAN-1. 
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Figure 1. Type 31 Toll Board Installation at Caracas, Venezuela 


e They have ground-connected jack-field 
lamps, with the line and trunk relay groups sup- 
plying power. This eliminates the need for po- 
sition fusing on external relay racks; instead, a 
small fuse panel is provided in each switchboard 
section, for the cord, position and operator’s tele- 
phone circuits. Lamp strips are simply grounded 
on the stiles, and a copper bar running the length 











of the tollboard lineup commons all stiles to 
ground. 


e With ground-connected lamps, panel pilot re- 
lays and lamps have been eliminated. This per- 
mits use of the same low-current lamp for answer 
as is used for busy or idle indicating. It permits 
mixing the panel multiple of trunks (for example, 
if the board is arranged for a four-panel multiple, 


89 





special trunk groups can be multipled on a mixed 
3-, 4-, or 5-panel basis, without special precau- 
tions). 

e They lock out the operator’s talking circuit 
during pulsing, thus preventing voice interference, 
during inter-digital pauses, on trunks using 
single-frequency signaling. 

e For faster and better maintenance, they may 
be supplied with test equipment for checking 
cords and position equipment, key pulsing, im- 
pulse senders, and toll trunks, and for monitoring 
the operator’s keyset. 


e They may be supplied with operator-training 
equipment which makes it easier to prepare opera- 
tors for work at the board. 


All of the above features are available with 
each of the three types of switchboards. We will 
now briefly describe the various arrangements of 
positional and common equipment available with 
each. 


Type 31A—with 12-Button Keysets 


This board was first installed (58 positions) at 
Lincoln, Nebraska. It is designed for keysenders 
only (no dial option), and uses a twelve-button 
keyset. The first ten buttons are conventional 
digit keys with digit numbers and letters. A red 
button at the bottom of the keyset seizes an idle 
impulse sender, and is again operated, after all 
digits have been registered, to cause the impulse 
sender to be disconnected after the last digit has 
been sent. A black button erases keying errors 
that are discovered before the red button is oper- 
ated at the end of digit keying. Positional keys 
are used to control automatic ring when required, 
and to dial on the rear of the cord. 


Type 31B—with Dials or Keysets 
and “Dial Rear’’ Key 


Designed in 1953, this board can be supplied 
with either keysenders or dials. With key senders 
it uses a 14-button keyset. The first ten buttons 
are the conventional digit keys with numbers and 
letters. Then there are a red button, to seize an 
idle impulse sender; a black “error” button, to 
erase keying errors that are discovered before 
disconnection; a blue button, to disconnect with- 
out automatic ring; and a gray button, for dis- 
connect with automatic ring. The last two buttons 
take the place of the positional automatic ring- 
control key of the Type 31A Toll Board. To im- 
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Figure 2. Type 31C Toll Board showing Keyshelf and Jack Field 


pulse on the rear of the cord, a positional “dial- 
rear” lever key is operated; it must remain oper- 
ated until the required digits have been keyed 
into the impulse sender and the proper discon- 
nect button operated. 


When dials are used, three non-locking push 
keys control disconnect, and release the connec- 
tion in case of dialing error. The keys are: dis- 
connect without automatic ring (blue button); 
disconnect with automatic ring (gray button); 
error (black button). Dialing over the front cord 
requires merely the operation of a cord “talk” 
key—there is no special “dial” key. This efficient 
arrangement has been used on previous Automatic 
Electric toll boards; the Type 31B has improved 
on it, however, by “locking-in” the dialing circuit 
once the dial is turned off normal for the dialing 
of the first digit. This permits overlap of dialing 
on one cord while handling a second call on an- 
other cord. Once dialing has started, the talk key 
of the cord on which dialing is in progress may 
be restored, and the operator may continue dial- 
ing while talking or monitoring on another cord 
circuit. Upon completion of dialing, the blue or 
the gray button associated with the dial is oper- 
ated to release the dial circuit and connect the 
front cord through to the rear cord (the blue 
button is operated to disconnect without auto- 
matic ring, and the gray button is operated to 
disconnect with automatic ring). 


Operating effort with this arrangement is less 














3. Type 31C Relay Gate with Cover Removed 














than on other toll boards using a lever-type dial 
key which must be operated and later restored 
whenever it is necessary to dial on a cord. To 
insure that the operator will release the dial cir- 
cuit, a guard lamp remains lighted until the dial 
circuit is released. Also associated with the dial 
circuit is a dial pilot lamp which is lighted as long 
as dialing is in process—except that if a “stop 
dial’’ condition is encountered the lamp will be 
extinguished as an indication to stop dialing. 


In case the operator makes a mistake in dialing, 
the black “error” key is operated. This releases 
the partially established connection; the operator 
may then proceed to re-dial. Many Type 31B 
boards, incorporating these features, have been 
supplied and are now in service. 


Type 31C with Dials or Keysets— 
No “Dial Rear’’ Key 


This board, designed in 1957, is being supplied 
for all new installations, unless a telephone com- 
pany prefers otherwise. It offers a choice of key- 
senders or dials. For key sending a 14-button key- 
set is used, as with the Type 31B, but the func- 
tions of the bottom four keys have been changed. 
The red button is for key pulse, rear; the blue 
button, for key pulse, front; the black button, for 
disconnect with automatic ring; and the gray 
button for disconnect without automatic ring. The 
“error” button has been eliminated from the key 
set; if the operator discovers that she has made 








Figure 4. Keyset Monitor Panel and Answer Time Recorder 


a mistake in keying, she simply pulls the cord to 
open the connection. 


The positional “dial rear” key has been re- 
placed by the “‘key pulse, rear” button of the key 
set, which is operated to associate the impulse 
sender with the rear of the cord. Previous toll 
boards required the operation and release of the 
dial rear key as well as the operation of a keyset 
button to call in the impulse sender. 


If dials are used, there are three non-locking 
push keys associated with the dial, for controlling 
disconnect and dialing on the rear of the cord. 
There is a gray button for disconnect without 
automatic ring, a black button for disconnect with 
automatic ring, and a red button for dial on rear. 
The dial operation is the same as in the Type 
31B, except that the locking, positional “dial rear” 
key has been eliminated. When it is necessary to 
dial on the rear cord the non-locking red, “dial 
rear” button is operated then the operator starts 
dialing. When the dial is turned off normal, the 
“dial rear’”’ condition is locked in until the proper 
non-locking disconnect key is operated. 


Other Operator’s-Position Equipment 
Features 


All other features of the positional equipment 
are alike for all Type 31 Toll Boards. The cord 
on which an operator wishes to answer or origi- 
nate a call is associated with the position circuit 
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and the operator’s telephone circuit by the opera- 
tion of the cord-circuit talk key. With the talk 
key of one cord operated, the talk keys of all 
other cord circuits are ineffective. The position 
circuit provides means for making a tip-busy test 
on either end of the associated cord circuit, but 
once the cord has been inserted into the jack of 
a trunk or line, the tip-busy test for that end of 
the cord is disconnected. (The tip-busy cut-off 
relays are “‘pre-operated” when the position cir- 
cuit is re-associated with a cord both ends of 
which are plugged into trunk or line jacks. ) 


Impulsing on the front cord is directly asso- 
ciated with the sender-control and the impulse- 
sender for key sending, or with the dial equip- 
ment when required. Impulsing on the rear cord 
is controlled through the position circuit to the 
associated cord, by either the dial circuit or the 
sender-control and the impulse-sender. 


To prevent false holding of impulse-senders if 
the operator should disregard the supervisory 
condition of the cord, the sender-control and 
impulse-sender cannot be seized if a “stop dial” 
condition exists on the trunk on which sending 
is to take place, nor if the associated cord is not 
plugged into a trunk jack. 


The position equipment provides optional 
means for using two sender-controls per position; 
it will automatically alternate the use of the 
sender-controls. However, dual sender-control 
units are required only if traffic requires an oper- 
ator to use a second impulse-sender before the 
first impulse-sender has “cleared out.’ This may 
be necessary with heavy inward-operator traffic 
which requires the operator to dial only the sta- 
tion digits and then retire from the connection, 
but direct distance dialing has made such traffic 
conditions very unusual. 


The positional dial, lamp and key assembly 
(or the keyset, for use with impulse senders) is 
connected to the positional equipment through 
plugs; this makes for easy maintenance when it 
is necessary to readjust dials or keyset keys. 


Provision is made for dial pilot and guard 
lamps when position dials are used, or for sender 
pilot lamps when key senders are provided. 


The operator’s telephone circuit is arranged for 
positional monitoring, regardless of what cord 
keys are operated, and for transferring to cords 
and position equipment of an adjacent position. 
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It is also arranged to improve return loss at low ' 
frequencies, for Via Net Loss operation. 


The position circuit has coin collect and refund 
keys for control of coins in prepay paystations. 
When the coin key is operated, a lamp lights to 
indicate the presence of a coin in the paystation; 
if no coin has been deposited, the lamp will not 
light. 


Sender Control and Impulse Senders 
(Type 31C) 


Impulse senders are provided in a pool common 
to all operator positions. The sender control is the 
linkage between operator positions and cord cir- 
cuits for connecting to an idle impulse sender. 
Both DC and MF impulse senders may be used, | 
and the operator does not need to know which ‘ 
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Figure 5. Sender Control Circuit 


kind of pulsing is required for a particular trunk 
circuit. Depressing a button to call in an impulse 
sender marks the sender control circuit, to test 
the trunk for the type of impulsing required; the 
proper impulse sender is connected to the sender 
control circuit, and the pilot lamp lights, to in- 
dicate that the operator may begin keying. 


The manner in which the sender control auto- 
matically selects the correct impulse sender is 
shown in Figure 5. The circuits involved are 
shown as they will be after an operator has 
plugged the front cord into the trunk jack and 
operated the talk key. In the intertoll trunk cir- 
cuit the sleeve relays, and the JC relay springs are 
operated; option DC is wired for DC pulsing 
trunks and option MF is wired for MF pulsing 
trunks. In the cord circuit, relay springs SW are 




















operated under control of the cord talk key. In 
the operator’s position circuit, relays TCl, and 
TC2, and relay springs SFS are operated. 


When the operator is ready to key-send, the 
“key pulse, front” button is operated. This 
grounds lead KPF, which operates relay TTS to 
its “X” contacts. When the key is restored, relay 
TTS operates completely, opening the circuit to 
relay TCl1 and closing a circuit to relay FC. 
Relay FC operates, transferring the FT and FR 
leads from the operator’s telephone circuit to re- 
lay MFC of the sender-control circuit, and open- 
ing the front sleeve lead FS; relay S of the inter- 
toll trunk circuit restores. With the DC option, 
a circuit is completed from ground on the T lead 
through the rectifier of the operator’s position and 
winding of relay MFC to battery on the R lead, 
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to relay PO of the intertoll trunk circuit. If option 
MF is used in the intertoll trunk circuit, ground 
is connected to the T lead, but the R lead is open. 


Relay MFC of the send-control circuit operates 
to the DC option of the intertoll trunk and locks 
to a control ground in the operator’s position cir- 
cuit. Relay TC1 is slow to release, but with its 
circuit opened by relay TTS it eventually re- 
leases, opening the circuit to relays FC and TC2. 
Before relay TC2 can restore, a short pulse of 
ground is placed on lead KS to seize the sender- 
control circuit. Relay FC is slow to release, but 
on restoring transfers the FT and FR leads back 
to the operator’s telephone circuit. With relay 
MFC operated from the DC option of the inter- 
toll trunk circuit, and the sender-control circuit 
seized, a circuit is closed to drive the rotary- 
switch motor-magnet to select a free DC impulse 
sender. Relay MFC upon operation, transferred 
the test lead of the motor magnet from the MF 
impulse-sender to the DC impulse-sender. When 
a free impulse-sender is found, relay SW oper- 
ates, connecting the keyset leads K1, K2, K3 and 
K4 to the impulse sender selected. Relay SW also 
prepares a circuit for connecting the pulsing leads 
D-+- and D— from the impulse sender through 
the cord-circuit relay contacts SF to the intertoll 
trunk circuit. With DC sending, the S (sleeve) 
lead through contacts of relay SF is opened for 
each digit to be pulsed, and completes a circuit 
from the pulsing contacts of the impulse-sender 
over leads D+- and D— to pulse relay PO of the 
intertoll trunk circuit. 


When the MF option of the intertoll dial trunk 
circuit is used, relay MFC does not operate when 
lead KPF to the keyset is grounded. With relay 
MFC normal, and the sender-control circuit 
seized, the rotary-switch motor-magnet will search 
over lead CM for a free MF sender. When a free 
sender is found, relay SW operates, connecting the 
keyset K1, K2, K3, and K4 leads through to it. 
Leads D-+- and D— are also connected from the 
impulse-sender through operated relay contacts 
SF to the T and R leads of the intertoll trunk 
circuit. With MF impulsing, the S (sleeve) lead 
is not opened each time a digit is to be pulsed, 
since it must remain connected to the transmission 
circuit of the intertoll trunk circuit. 


Each time a digit key is depressed to mark the 
K1, K2, K3, or K4 leads, the proper frequency 
combination is repeated to the D-+- and D— leads 
by the MF impulse-sender. No digit storage is 
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used; each digit is sent forward as registered by 
the operator’s keyset (the KP seizure pulse is sent 
automatically from the MF sender). 


The DC impulse sender has digit-storage ca- 
pacity for eleven digits, and has means for re- 
using the first three digit-storage units after these 
three digits have been pulsed out; thus, a maxi- 
mum of 14 digits may be pulsed, if needed. Since 
eleven digits cover all storage normally necessary, 
the additional three digits are only for special 
requirements. The impulse-sender is arranged to 
withhold sending if a stop-dial, off-hook condition 
is encountered during the interdigital interval. If 
a prolonged stop-dial condition exists, the sender 
pilot lamp will flash at 120 IPM; the operator 
may let the stop remain, or may disconnect after 
a normal waiting interval. 

The sender pilot lamp glows steadily when an 
impulse-sender has been connected to the cord or 
position circuit. With digits stored, the pilot lamp 
will flash at 10 IPM as an indication that digits 
are stored and are being impulsed out. If a flash- 
busy conditions is encountered, the impulse- 
sender will clear out and the busy condition will 
be signaled by the cord supervisory lamp. 


The line and trunk circuits are shipped as in- 
dividual units, each unit having its own terminal 
block. Relay racks are shipped “knocked down”; 
they are to be assembled, and the circuit units 
mounted, by the installer. 

Because they may be located exactly where loss 
is required (and are therefore more economical) , 
fixed pads with Via Net Loss switching are used 
instead of pad switching, which required each 
trunk circuit to control pad relays associated with 
the intertoll trunk. Trunks on all Type 31 toll 
boards are also arranged with test jacks for mak- 
ing operating tests in the switchroom without 
using the toll board cords. Trunk circuits ar- 
ranged for pulsing have test jacks which permit 
testing the pulse-repeating relays. 

A great many trunk and line circuits are avail- 
able — essentially the same types as on AE’s 
former Type 30 toll boards. A detailed description 
of their function does not appear essential, how- 
ever, since no specific novelty is involved in their 
basic design. All current toll-operating require- 
ments (other than four-wire switching) are met. 


Operator Training 


Operator-training equipment has been designed 
for the Type 31 toll board, enabling a student to 
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answer various training calls originating at an in- 
structing operator’s position, and to extend the 
call back to the instructor, who can monitor and 
control student dialing or key-sending. 


The digits, as dialed or key-sent by the stu- 
dent, are momentarily displayed before the in- 
structor. By means of keys in front of the in- 
structor it is possible to set up any one of several 
conditions, following any desired digit, which is 
encountered in regular toll-call handling. The 
circuit can be set up to encounter flash busy of 
30, 60 or 120 IPM, and flash-and-tone busy of 60 
or 120 IPM. Ring-back tone can be returned on 
the last digit selected by the instructor. A stop- 
dial or timed stop-dial condition can be estab- 
lished. The timed stop-dial will clear in a prede- 
termined time interval and sending can resume; 
the stop-dial condition is a prolonged stop and 
will clear only under control of the instructor. 
For paystation operation, the instructor can, by 
using separate keys, simulate tones of 5-, 10-, 
and 25-cent coins, as requested by the student 
operator; these tones are electronically derived. 
The instructor can also inject an 8- or 15-db pad 
into the transmission circuit of any call, to sim- 
ulate poor transmission on a toll call. 


The instructor can originate CLR calls without 
class-of-service tone, CLR calls with class-of-serv- 
ice tone, prepay station calls, inward, TX or WM 
calls, C-A-X tributary calls, and ring-down trunk 
calls. The student can complete these calls, as 
required, over toll switching trunks for local ter- 
minating calls, over C-A-X tributary trunks, over 
ring-down trunks, or extended over intertoll dial 
trunks for intertoll dialing calls. This gives the 
student training in handling calls under simulated 
operating conditions. 


Operator Keyset Monitoring 


A keyset monitoring circuit is available for the 
Type 31 toll board which permits the monitoring 
of digits as keyed by the regular line operator. 
This equipment can be located in the end position 
of the toll board line-up, or in any other location. 


A switchboard jack and a key are required for 
each toll position to be monitored; the observing 
operator inserts a cord into the jack associated 
with the desired position, and operates the key. 
The circuit through the jack and cord provides 
voice monitoring, so the observing operator can 
hear the required number as it is passed by the 


calling subscriber. The key circuit associates the 
keyset of the observed position with the keyset 
monitor circuit. As the observed operator keys 
the required digits, they are displayed on lamps 
before the monitoring operator; operation of other 
keyset buttons is indicated by other lamps. These 
lamps remain lighted until she clears them, ready 
for the next call. 


Portable Test Set for Trunk Circuits 


A portable test set provides an additional con- 
venience for maintaining trunks of the Type 31 
toll board. It connects to the test jacks of the 
various trunk circuits; these test jacks are a 
multiple of the face-equipment jacks, and they 
permit the maintenance man to make operational 
tests of the trunks without going to the toll board 
position. The following trunk operations may be 
tested: busy test, monitor busy trunks, dialing, 
ringing, supervision and talking. The test unit is 
not arranged to test trunk coin control 


Type 31 toll board trunk circuits arranged for 
pulse repeating, have test jacks for making pulse- 
ratio tests. This test may be made with a Toll 
Pulse Repeating test set, or a regular pulse-ratio 
meter and a hand test telephone with a specially 
calibrated dial. In the latter test, input pulses of 
known ratio and speed are delivered to the trunk 
circuit under test, and the output ratio of the 
pulsing relay is read on a pulse-ratio meter. 


Cord and Position test equipment is available 
for the Type 31 toll board for making a complete 
test of the cords and position equipment, with the 
exception of the keyset and key-sending. Other 
test equipment is available for making tests of key- 
sending equipment from an operator’s position. 


The Cord and Position test equipment consists 
of a common relay unit which mounts on the relay 
rack, and the necessary lamps and jacks, mounted 
in the center panel of each toll board section 
which serves two positions. This equipment is 
used for functional tests. A portable control set 
is also required for making balance and continuity 
tests by means of a tone. 


The test equipment is arranged for the follow- 
ing tests: 


A. Functional tests 


1. Tip busy 
2. Operation of ring key 
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Check marginal supervisory relays 

. Coin collect and return 

. Operation of cord-splitting keys 

. Position lockout of cords 

. Dialing (when position is equipped with 
dials ) 

8. Automatic Ring 


IH - 


. Continuity Tests 


1. Cord conductors 
2. Operator’s telephone circuit 


3. Monitoring circuit 


. Balance Tests (Series and Shunt) 


1. Cord circuit 
2. Position circuit 
3. Monitoring circuit 


4. Cord circuit termination 





5. Position circuit termination 
6. Switchboard multiple 


Key-Pulsing Test Equipment 


The Key-Pulsing test equipment is also a com- 
mon relay unit mounted on the relay rack, with 
its lamps and jacks in the center-panel of each 
two-position section. It provides overall test fa- 
cilities for key-sending equipment, including the 
position keyset, sender-control, position and cord 
circuit, and the common impulse-sender. Before 
making a test with this equipment, the portable 
impulse-sender test set is used to make certain 
that the common pool of impulse-senders are all 
functioning satisfactorily. 


Portable Impulse-Sender Test Set 


This test set is available for making a complete 
test of each impulse-sender. It is connected to the 
test jacks of an impulse-sender by two ten-con- 
ductor test cords. The test equipment is arranged 
for the following tests: 


1. Pulse ratio 

2. Pulse speed 

3. Seizure 

4. Sending (by displaying keyed-in digits on 
a lamp strip) 


. Disconnect 


mo on 


. Disconnect from flash-busy or open-sleeve 
condition 


7. Stop-dial operation 


The kev-pulsing test equipment is arranged for 
the following tests: 


1. Impulse sending (by displaying keyed-in 
digits on a lamp strip) 

2. Disconnect from flash-busy condition 

3. Stop-dial operation 


or rrr 
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The ‘Call Commander’’ tele- 
phone is supplied with two 
strips of keys—can be easily 
expanded to eighteen keys, by 
adding another key strip. 


AE’s Type 10Al Key ‘Telephone System 
which provides facilities for answering, holding, 
and transferring outside calls at any or all sta- 
tions, has been expanded to provide intercom 
services as well. A new “Call Commander’’* tele- 
phone is soon to be introduced, to provide key 
capacity, where needed, beyond the six-key maxi- 
mum of the Type 86 Key Telephone used in this 
system. Except for its larger capacity, the Call 
Commander is essentially the same as the Type 
86; both telephones may be used, at different sta- 
tions in the same 10A1 system. The new equip- 
ment is also fully compatible with W.E.1A, 
1A1, and 6A, and other similar key systems. 


The Call Commander may be installed with up 
to 18 pushbuttons, providing pushbutton access, 
with holding, to 17 central-office, PBX, or private 
lines. The plastic pushbuttons are individually 
lighted from within, to serve also as line signals. 
The entire unit is only 1014” x 8” in size, and 
414," high; with handset, overall length is 127%”. 
To blend well into modern office surroundings, it 
is offered in two colors—Jade Green and Sand 
Beige—and is supplied with faceplates in five 
different colors—Gold, Silver, Light Blue, Ivory, 
and Light Green—from which the subscriber may 





select the color preferred for each installation. 
Clear plastic covers protect the faceplates from 
dirt and wear. 


The new intercom service provides selective 
dialing for up to 36 inside stations. A “long-line”’ 
circuit permits an off-premise station to be associ- 
ated with the intercom equipment, for complete in- 
tercom service. “Camp-on” service reserves a busy 
line for any caller on the intercom, and auto- 
matically connects him when the line is free. 


With Type 10A1 intercom service, telephone 
conferences may be instantly called from any Call 
Commander or Type 86 telephone, up to six sta- 
tions in a pre-set group being called simultane- 
ously by dial or pushbutton. An “Add-On” con- 
ference service is also available, to permit adding 
any inside station to an outside call. 


Offering these and many other unusual services, 
the Type 10Al1 Expanded Key System will, it is 
believed, solve the telephone-service problem for 
organizations of “in-between” size—too small to 
justify use of P-A-B-X switchboards—yet, large 
enough to require complete communications. 





*Call Commander is a trademark of Automatic Electric 
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WAYSTATION 
DIALING SYSTEM 


provides dial service de 


Ran’ 


By R. P. Dimmer and E. L. Roback 








Vor American railroads use “message” lines for communication between waystations. Each of these 
lines has a number of local-battery telephones permanently bridged across it. When a way-station 
wishes to talk with a telephone on the regular PBX (or, more usually, P-A-B-X) line, the present 
method of operation requires that the waystation call the operator at the main exchange by a 
process of ringdown, the operator then completing the desired connection; there has been no satisfac- 
tory method for giving the waystation full dial-automatic service (without the assistance of this inter- 
mediate operator). For calls to the waystations, the message lines are equipped with waystation selec- 
tors—one at each station— which are controlled by means of coded pulses (at 314 cycles per second) 
generated by keys at the operator’s position. All these selectors are bridged across the line, and they 
all step simultaneously as three successive digits (totaling 17 pulses) are sent. The arrangement is 
such, however, that certain switches restore at the completion of each digit, and at the end of the 
series the called station, only, is selected and signaled. 


This article will describe a new switching system recently developed by Automatic Electric Labora- 
tories to provide dial service between any waystation and any P-A-B-X station, and between waysta- 
tions on the same, or on different, message lines. 


There was also the problem of “signal imita- 
tion” (false operation of voice-frequency signaling 
equipment by speech currents). This was mini- 
mized by utilizing a type of frequency-shift tech- 
nique for the transmission of the signal tones. 
Line seizure by voice current was minimized 
through the use of slow-operate relays, and spo- 
radic relay operation was eliminated by removing 
the detector from the circuit upon completion of 
a connection. 


Design 

It was necessary from a cost viewpoint to retain 
the present waystation selectors which utilize 
314-cycle signals. A control circuit was therefore 
designed to store the regular 10-per-second tele- 
phone dial pulses and re-send them at the required 
314-cycle rate for calls between the P-A-B-X 
and waystations. Due to the length of the line 
(from a few miles to 300 miles, with up to ap- 
proximately 60 waystations) conventional DC 








pulsing techniques were not practical. The use of 
DC for telegraph signals suggested the use of 
tone signals as a simple means of signaling over 
long distances without disturbing the operation 
of existing DC circuits. 
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Bridging loss, and power consumption (par- 
ticularly at the waystations) was kept to a min- 
imum in this new system, by connecting the 
waystation tone-generator to the line during the 
dialing period only. 





Figure 1. Waystation Dialing Unit 


Equipment 

The system consists of two units—a Dialing 
Unit at each waystation, and one Control unit 
for each message line, at the switchboard. 


Dialing Unit (Figure 1) 

This is used in conjunction with the local- 
battery telephone at the waystation. It contains a 
dial and a lever-type switch mounted on the slop- 
ing face of a small, desk- or wall-mounted box. A 
printed wiring board within the box contains a 


small transistor oscillator to provide the necessary 
tones for line seizure and dialing. A filter prevents 
interference and loading to any carrier channel 
above 3500 cps on the same circuit. The unit is 
small—4-5/16” x 5” x 414”—and is supplied 
with a 4-foot cord, so it may readily be mounted 
adjacent to any waystation magneto telephone. 


Control Unit (Figure 2) 


The Control Unit is assembled on a panel 
which occupies 1014 inches on a 19 inch relay 
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rack. It contains two incoming-tone detectors. 
One detector responds to a 1500-cycle “off- 
normal” tone which indicates that a waystation is 
attempting to call a dial telephone. The other 
detector responds to 2000-cycle waystation dial 
pulses and converts them to conventional DC 
pulses to control the dial switchboard equipment. 


Each detector is composed of two stages of 
tuned amplification, followed by a detector stage 
—all using transistors. Input level controls are 
provided to prevent overloading—also to provide 
adjustment for controlling “signal imitation.” 
Storage and re-sender circuits are provided to 
convert conventional 10-per-second pulses into 
314-cycle. A 1.5 minute instant-reset timer is used 
to hold a line until connection is established; 
also for holding calls between waystations on 
different lines. The following sections will tell 
how this timing equipment is used. 


For waystation-to-dial-telephone calls, the Con- 
trol Unit is connected to the dial switchboard 
through a conventional line circuit (Figure 3). 
For signaling in the opposite direction the control 
circuit is accessed from a switch-through connec- 
tor or a selector level, in order that the three way- 
station digits may be dialed through and beyond 
the switchboard. The line circuit of the switch- 
board gives reverse battery on answer. 


Operation 
Waystation Calls a Dial Telephone (Figure 3) 


To initiate a call to a dial telephone, the way- 
station user lifts his handset, and monitors the 
line for “busy.” This monitoring does not in any 
way disturb any existing dialing or conversation. 
When the line is found to be free, the user oper- 
ates his Dialing Unit lever key to the dial position 
for approximately 2 seconds. This applies power 
to the transistor oscillator within the unit, and 
places a 1500-cycle tone on the line. 

The Control Unit detects this tone through an 
“off-normal” detector, the operation of which 
closes the circuit to the 1.5-minute timer, and 
extends the line to the dial switchboard. When 
the lever key is released at the end of the 2-second 
operation, dial tone should be heard, indicating 
that the main control circuit is ready to receive 
waystation signaling tones. If dialing does not 
follow, or is not completed, the main control unit 
and the line to the switchboard, will be released 
after 1.5 minutes by the operation of the timer. 


If dialing begins, however, the dial off-normal 


100 


springs operate and place power on the transistor 
oscillator, which again connects 1500 cycles across 
the line. During this dialing period the local 
phone is removed from the line to reduce loading 
and absorption of these tones. When the dial is 
released, its pulse contacts change the oscillator 
frequency to 2000 cycles for each pulse; this 
2000-cycle tone is detected by the pulse detector 
in the Control Unit, and converted to conven- 
tional DC pulses. To register a digit the off- 
normal detector must momentarily restore before | 
the pulsed digit takes affect; thus, the simultane- | 
ous presence of both frequencies on the line (as 
in the voice) will not cause any circuit operation. 

If the waystation subscriber makes a mistake 
in dialing, or wishes to end the attempted call 
at any time, he can release the seized line by | 
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Figure 3. Waystation Calls a Dial Telephone l 








operating his lever key to the release position for 
about 2 seconds. This places a 2000-cycle tone of 
long duration on the line, which releases the 
timer at the Control Unit and restores the line 
to the idle condition. He can then re-dial if he 
so wishes. If the waystation subscriber should 
leave his phone at this point without releasing an 
incomplete call, the control circuit and the line to 
the dial switchboard will be released by operation 
of the timer after the 1.5-minute interval. 


When the dial telephone answers, reverse bat- 
tery on the line operates a shunt-field relay, re- 
moving the timer from the circuit. This places 
the release of the call under the control of the 
called party; if there is any danger that he may 
not disconnect, the connectors in the dial switch- 
board should be equipped with connector-time-out 
provisions. 


P-A-B-X Station Dials a Waystation (Figure 4) 


As mentioned above, the main control circuit 
must be accessed through a switch-through con- 
nector, or through a selector level, in order that 
the three digits required to operate the waysta- 
tion selectors may be dialed beyond the switch- 
board. (If a selector level is used for access, a 
holding ground or battery is provided in the 
Control Unit.) Each of these three digits is 
stored on a separate rotary switch; after the sec- 
ond digit is stored, a ground is placed on the re- 
sender, to apply a single “clearing-out” pulse to 
the waystation selectors. This clearing-out pulse 


is necessary to reset all of these selectors not 
previously reset to their “home” positions, in 
order that all waystation selectors will step from 
the same starting position. 


When the last digit has been received, a hunt- 
ing or scanning circuit scans each of the rotary 
stepping switches in turn, and re-sends the stored 
digits at a slow speed (in this case the 10-per- 
second pulses are reduced in speed to 7 pulses per 
second). These slower pulses activate an On-Off 
relay group which sends the 314-cycle polar pulses 
needed to operate the waystation selectors 
through the re-sender. 


At the waystation selected, a bell or buzzer 
will operate when the proper pulses have been 
received—ringing for about two seconds, or until 
another pulse from the re-sender releases the 
waystation selector and ‘opens the bell circuit. 
This final pulse is a clearing-out pulse for all 
selectors; however, to assure that all selectors 
return to their “home” positions before they are 
again called, another clearing-out pulse is sent out 
(as described above) when the second digit of 
the next calling series is stored. While the bell is 
ringing, ring-back tone will be heard in the re- 
ceiver. All rotary switches and relays remain “as 
is” until the caller hangs up. 


Waystation Dials a Waystation on the Same Line 
(Figure 5) 


Since to the dial switchboard equipment a way- 
station line is like any other line, a call of this 
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Figure 5. Waystation Dials a Waystation on the Same Line 
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type would cause the same sequence of operation 
as when a waystation calls a dial telephone (see 
above). The waystation would dial the selector 
access number, to be followed by the three called 
waystation digits. The initiating caller may re- 
lease the call at any time he desired by the means 
described above. 


Since there is no battery-reversal on a call of 
this type, the initial sequence timer will release 
after the 1.5-minute time interval, thus another 
call can be placed to another waystation on the 
same line while the first conversation is in prog- 
ress. By operating the key to release the control 
equipment, calls could be made consecutively to 
any number of waystations. It is possible for one 
waystation to call another (“reverting call’), a 
third waystation to call a P-A-B-X station, and a 
fourth waystation to receive a call from a P-A- 
B-X station—all these calls to be in progress at 
the same time, provided they are initiated at dif- 
ferent times. 


Waystation Dials a Waystation on Another Line 
(Figure 6) 


This type of call is handled like a call between 
waystations on the same line, with the exception 
that it will probably be necessary to dial several 
extra digits in order to get from one message line 
to the next. 


Since there is no battery-reversal on a call of 
this type, the circuit will release itself after the 
1.5 minute time interval. To prevent this occur- 
ance if the conversation time exceeds 1.5 minutes, 
it is necessary that the initiating user operate his 
lever key to the “dial” position for a moment 
shortly before the end of each 1.5-minute period. 
This will cause the seizure timer to reset itself to 
zero for a new cycle. 


Field Test Results 


As a result of field tests, the following precau- 
tions have been found necessary in the application 
of this system: 


1. All waystations on a line must be equipped 
with dialing units. Then, all calls will go 
through the control unit, which will reduce 
the difficulty of signal imitation, or voice 
operation of relays, that would exist if only 
part of the line were so equipped. 


2. In most applications the use of a 4.5-volt 
supply for distances up to 50 miles, and 6.0 
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Figure 6. Waystation Dials a Waystation on Another Line 


volts above 50 miles, is very satisfactory. 
Higher supply voltages may be used if noise 
conditions are excessive, but the waystation 
supply voltage should never exceed 20 volts. 
With a 6.0-volt supply the waystation tone 
level on the line is above 0.8 volts (0 dbm 
on a 600-ohm line). With this level, cross- 
talk limits are not exceeded, and the control- 
circuit detectors’ incoming-level control can 
be reduced to further reduce extraneous 
operations. 


Where a 6.0-volt supply source is required, it 
would be obtained by adding one dry cell to the 
waystation battery. Since the life of this nanny 
is its shelf life, the cost is small. 


The control-circuit detectors are capable of 
handling inputs down to —30 dbm if their level 
controls are increased to the maximum; however, 
it is desirable to set these controls to a point 
where the off-normal and pulse relays operate 
satisfactorily with a 4.5-volt source at way- 
stations between 25 and 50 miles away. To give 
comparable relay performance, the supply voltage 
can be increased at the units beyond 50 miles, 
and reduced for those closer than 25 miles (these 
distances are approximate, and apply to good 
open-wire circuits). The Waystation Dialing 
Unit will oscillate satisfactorily with a supply of 
1.5 volts, if the need arises. 




















Conclusion 


This Waystation Dialing system is a satisfac- 
tory means of providing dialing facilities to exist- 
ing railroad waystations. It does not require the 
use of the DC path for signaling, which is so 
necessary for present telegraph and Teletype pur- 
poses. It makes full use of the substantial exist- 
ing investment in waystation selectors. 


This new system was designed for use on rail- 
road waystation lines; however, there is no reason 
why it cannot be used for other services as well— 
pipe lines, etc.—which use the Type 60A selector 
or equivalent. This simple and economical system 
lends itself well to such applications. 





Robert P. Dimmer 


Edward L. Roback 


Robert P. Dimmer and Edward L. Roback are shown here discussing the new Waystation Dial- 
ing Unit. Mr. Dimmer has previously reported in the Journal on developments in negative-impedance voice- 
repeaters and mobile radio-telephone systems. Mr. Roback has been associated with Automatic Electric 
since 1957, working with Mr. Dimmer in the Electronic Application Section of Laboratories. He is a gradu- 
ate of Northwestern University, with a B.S. E.E. 


P-A-b-X 
TRANSFER FACILITIES 


By J. S. Young 


Is today’s nationwide telephone network, a good part of all toll traffic is handled by automatic 
equipment through central offices and switching points; yet, when it is extended to a PBX or P-A-B-X 
switchboard, almost every call must be handled by an attendant who directs it to the desired party. 


This final step in the handling of toll calls is the weak link in the chain, as it encourages callers 
to make person-to-person calls, instead of station-to-station calls via DDD; the calling party is usually 
unwilling to take a chance on dialing such calls, because he will be billed if he reaches the P-A-B-X 
switchboard—whether or not he reaches the desired party. The present arrangement also involves extra 
expense for attendant’s time, as a call via an attendant takes 28 seconds longer to complete, on an 
average, than a direct call. Thus, this is a mutual problem; the subscriber desires reduced attendant 
cost and faster service; the telephone company wants more efficient use of equipment and less “no 
charge” time on toll facilities. 


direct-dial basis, and studies have indicated that 
it is practical to provide public-exchange numbers 
to at least the small percentage of extensions that, 
in a specific case, will account for the bulk of the 
trunk traffic. 


Inward dialing direct to P-A-B-X extensions 
is a potential solution to these problems. Such 
direct dialing has been in limited use for many 
years for locally originated traffic. It has not 
been generally accepted in toll practice, however, 





because of the difficulties of providing suitable 
numbering plans, and of transferring such calls 
within the P-A-B-X. Recent changes in toll oper- 
ating practices have facilitated toll service on a 


There is one other problem. With conventional 
operation, a called extension can recall the at- 
tendant for transfer, using the hookswitch. In- 
ward dialing requires a new approach, since the 
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attendant position is normally not in the switch- 
ing path. Automatic Electric Laboratories has 
developed facilities for P-A-B-X Trunk Transfer 
which enable a called extension on a direct-dialed 
trunk call to turn a call over to the attendant if 
transfer to another extension is necessary. 


Inward Dialing and Transfer Service 


Using suitable trunk circuits the central-office 
trunk can be arranged for two-way service, with 





operates the hookswitch or dials “1” to signal the 
attendant via a lamp associated with the par- 
ticular trunk. The trunk party and the extension 
user will hear a ringback tone to advise that the 
attendant is being signalled. When the attendant 
answers, a transmission path is established from 
the attendant to both the calling central office 
party and the called extension user. 


Usually, the transfer equipment is associated 
with an attendant cabinet equipped either with a 
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Figure 1. Trunk Conditioned for Answer or Transfer by Attendant 


loop signaling or any other signaling means em- 
ployed in inter-office trunking. The trunk is ar- 
ranged to forward loop pulses to the incoming 
P-A-B-X switch and to accept reverse-battery 
supervision. The incoming P-A-B-X switch will 
normally be a connector or a selector; line circuits 
are not normally used to terminate in-dial trunks, 
since a short inter-digital pause does not provide 
sufficient time for operation of a linefinder. 


The transfer equipment is wired as an applique, 
in tandem with the trunk and the incoming 
switch. No functions are performed in the ap- 
plique until the called party answers, at which 
time a relay operates on reverse-battery from the 
selector. 


If a transfer is required, the called extension 
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station multiple, or with out-dial circuits to the 
P-A-B-X switch train; in this case, the called 
extension can remain on the connection in a con- 
ference arrangement, and the new extension is 
accessed via these facilities. The switch train and 
called line will be released when the extension 
originally called hangs up; succeeding transfers, if 
required, will be on a manual basis. 


An alternate arrangement may be used with a 
dial-type turret (in which the station multiple is 
not available). In this case, transfers are com- 
pleted using the same switch train that established 
the original connection (thus fully utilizing these 
switches). Figure 1 illustrates this arrangement. 
When the extension user hangs up, as requested 
by the attendant, the incoming switch train re- 























leases and is available for attendant dialing. The 
supervisory disconnect signal is received, and the 
attendant dials a new station. 


The transmission circuit is maintained between 
attendant and central office party during this 
operation; if a “busy” or “no answer” is encount- 
ered, the calling party, as well as the attendant, 
receives identifying tones. If an alternate party 
is to be called, the attendant momentarily with- 
draws (releasing the switch train) and re-enters 
to dial the new connection. The same operation 
releases from a dialing error. 


When the called party answers, a transmission 
path is closed between attendant and called party, 
and the transmission path to the calling trunk 
party is opened. This “‘automatic splitting” oper- 
ation enables the attendant to privately inform 
the extension user of the call. The called party 
may decline the call by restoring his handset; this 
automatically releases the switch train and re- 
connects the transmission path between the at- 
tendant and the calling party. Another station 
can then be dialed by the attendant, if required. 


If the called party accepts, the attendant with- 
draws, closing the transmission path between call- 
ing and called parties, and placing the relay 
equipment in the same condition as if the new 
called party had been originally dialed. Addi- 
tional transfers are made in the same way. 


“Automatic Answer’ for 
Incoming to Attendant 


Studies have shown that when P-A-B-X’s are 
arranged for inward dialing, a substantial percent- 
age (as high as 90%) of incoming calls are placed 
by extension number. Only the remaining small 
percentage of calls need then be handled by the 
attendant. The directory listing for the P-A-B-X 
is arranged to reach the attendant, who extends 
the call to the desired extension. This is normal- 
ly accomplished by providing a group of attendant 
trunks accessed via the incoming switch train, 
and a rotary-hunting group of connector termi- 
nals. A station multiple or an auxiliary dial train 
is also necessary for extending these calls. 


An alternate method is available, however, that 
reduces the requirement for terminals in a rotary 
group, and makes better use of the selectors or 
connectors provided for inward dialing service. 
In this arrangement, the P-A-B-X connector 


terminal reached by dialing the directory number 
is connected to an “automatic answer” circuit; 
when the latter is seized by a connector it places 
an answer bridge across the called terminal and 
then simulates a transfer signal. The attendant is 
signalled by the trunk lamp, and ringing tone is 
returned to the calling party. 


When the attendant answers, the trunk super- 
visory lamp lights, indicating that this is an in- 
coming call and not a transfer request; the at- 
tendant dials the incoming switch to extend the 
call to the desired station, as in a transfer. 


Holding time for the “automatic answer” cir- 
cuit and connector terminal is very short; there- 
fore, only a few terminals are required in most 
cases. A number ending in “00” may be practical 
for a directory listing in a small installation. 


Inward Dialing Without an Incoming 
Trunk Circuit 


Trunk relay groups are required for central- 
office two-way service, when other than loop sig- 
naling means are employed to control the loop- 
pulsing P-A-B-X switches, or when pulse repeat- 
ing or correction is necessary to ensure reliable 
operation of these switches. 


On one-way trunks incoming to a P-A-B-X, the 
trunk relay group may be omitted if satisfactory 
loop or battery-ground pulsing can be received 
from the central office. To add transfer facilities 
the transfer applique circuit is wired between the 
trunk and the incoming switch. The applique 
does not affect the pulsing in any way; i.e., if a 
switch train can be dialed without this circuit it 
can also be dialed with it. However, other func- 
tions of the applique may be impaired by loops of 
more than 1400 ohms; repeating facilities should 
be used for longer loops. Operation of a transfer 
circuit is the same with or without incoming 
trunk circuit. 


Night Service 


Inward dial service is used mostly in large 
P-A-B-X’s, which may be assumed to be attended 
at all times service is needed. For providing trans- 
fer service during unattended periods, in medium- 
and small-sized installations, however, an optional 
arrangement is available, as shown in Figure 2. 
This is the same basic arrangement as in Figure 
1, with the addition of a common night key and 
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Figure 2. Local Selector Level Access 


allotter circuit. A local selector level is also as- 
signed as a “transfer” level. As full trunk avail- 
ability is required from the transfer level, rotary 
secondary switches must be used if more than 10 
trunks are to be transferred by this method. Each 
trunk on this level is normally marked ‘“busy”’. 


The called extension initiates a transfer in the 
same way as for attended service—by dialing “1”’, 
or “flashing’’. ‘The common allotter is seized, and 
returns a tick tone to advise that the transfer may 
proceed. Simultaneously the trunk appearance on 
the transfer level of the allotter is marked for 
stopping. 

The transfering party hears the tick tone and 
hangs up, releasing his line and the switch train 
associated with the trunk. He then initiates a 
new call, and dials the transfer level. A local 
selector rotates to the held trunk and switches 
through, releasing the common allotter. Succeed- 
ing digits dialed by the transferring party step 
the trunk switch to the desired extension. As in 
attendant handled calls, the outside party is “split 
off’’ when the new extension answers; the transfer 
is complete when the transferring extension hangs 
up. Succeeding transfers may be made in the 
same way. 

To ensure that a transferring extension will 
get back to the same trunk, the allotter prevents 
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Conditioned for Trunk Transfer 


more than one trunk from being marked on the 
transfer level. Should a transfer be attempted 
while the allotter is engaged, tick tone will not 
be returned; the extension user must wait a few 
seconds before trying again. 
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By Kenneth C. Heyda 


1) te telephone communication today suffers from loss, crosstalk, noise, and distortion in the trans- 
mission medium. In long-distance lines especially, these problems are crucial; the use of frequency 


modulation (FM) for long-distance communication applications has contributed significantly to im- 
provement, but the possibility of further improvement using this technique is limited. Therefore, con- 
siderable research effort is being directed to the use of digital and pulse-encoding techniques. 


An additional, particularly challenging, prob- 
lem exists in the realm of high-speed data trans- 
mission. Today, digital computers are operating 
at speeds approaching one million bits of infor- 
mation per second; yet, where existing telephone 
facilities are used transmission between computers 
must be limited to 1500 to 2000 bits per second. 
Thus, the application of high-speed data trans- 
mission to existing exchange and trunk cables is 
an area of expanding investigation. The extensive 
use of telephone communication systems for both 
speech and data transmission would be not only 
a significant step toward meeting future demands, 
but also an avenue to new revenues for operating 
companies. These pressing needs for additional 
services are placing ever-greater demands not only 
upon the existing cable facilities, but also upon 
the central-office line and switching equipment. 


As the initial effort to realize more efficient use 
of existing cable facilities and switching equip- 
ment, frequency-division multiplexing systems 
were developed. Present systems, employing a 
technique called frequency-shift-keying, also per- 
mit data transmission over existing cable facilities. 
However, among our research efforts directed 
toward continuous improvement of our services 
and equipment, communication principles using 
Digital and Pulse Encoding Techniques in 
conjunction with Time-Division Multiplexing 
(TDM) appear to have most profitable applica- 
tions in the aforesaid areas. 


Time-Division Multiplexing is probably the 
most promising of the multiplexing techniques. Its 


basic philosophy can be envisioned by referring 
to Figure 1 which shows a transmission line con- 
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Figure 1. Basic Principle of Multiplex Transmission 


nected at each end to a rotating switch. To these 
two rotating switches the subscribers of a tele- 
phone company are connected, and as the two 
switches rotate in synchronism, the pre-determined 
subscribers are connected for an allotted time in- 
terval and then disconnected for the remainder of 
the rotation cycle. Each subscriber’s information 
is thus “repetitively sampled,” and sent along the 
transmission path to the respective receiving sub- 
scriber. As each subscriber receives the trans- 
mitted samples, his equipment integrates the 
spaces between samples and reproduces the orig- 
inal information, as shown in Figure 2. 


One might question the theory that the partial 
transmission of an audio signal by sampling would 
assure transmission of all the information origi- 
nally contained in the signal. If we study the 
sampling theorem, and visualize the frequency 
spectrum of a Pulse Amplitude Modulated 
(PAM) sine wave, we can show this quite easily. 
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Figure 2. The Sampling Principle Used 
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The sampling theorem states that if we sample 
a sine wave at twice its frequency and then pass 
the samples through a low-pass filter, we lose no 
information—only amplitude. This can be seen 
by referring to the frequency spectrum of a sam- 
pled audio signal, Figure 3. Here, the audio band- 
width is taken to be from 100 cps to 5000 cps and 
can be plotted as the average expected power 
versus frequency (Figure 3a). If the audio spec- 
trum were sampled by a pulse-repetition fre- 
quency (PRF) of 10 Kc (twice the highest 
expected audio frequency of 5000 cps) we would 
obtain a frequency spectrum similar to that shown 
in Figure 3b. The audio spectrum from 100 cps 
to 5000 cps still remains but at a considerably 
reduced power level, and we have added an in- 
finite number of harmonics at frequencies of: 


j + Re 2f, T Sas Sf, f, ae Nip + Bus 


where f, is the pulse-repetition frequency and f, 
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Figure 3. Typical Speech Spectrum 





is the highest audio frequency. Many of these 
harmonics are in the audio bandwidth and would 
present severe distortion; however, if we pass the 
PAM signals through an ideal low-pass filter 
with a cutoff frequency of f., we can recover our 
audio spectrum and completely filter out all inter- 
fering harmonics. This is done, of course, at the 
cost of losing audio power. 


We now have a technique that, when incorpo- 
rated with a suitable control system, allows many 
communication channels to occupy a single trans- 
mission path. For example, it is theoretically pos- 
sible—using a 1 mc pulse-transmission rate, a 
sampling frequency of 10 Kc, and a sample pulse 











duration of about 14 microsecond—to provide 100 
simultaneous telephone channels over a single 
transmission path, without interference. Thus, 
with the application of Time-Division Multiplex 
and special pulse repeaters to existing cable fa- 
cilities, more efficient use can be made of exchange 
cable and switching facilities. 


Pulse Encoding 


The improvement of long-distance communica- 
tion could be accomplished readily by the use of 
pulse encoding of speech signals. As in TDM, 
such a system would first sample the audio, and 
then each sample would be coded into a pulse or 
group of pulses, all being of equal amplitude and 
width; the presence and absence of these pulses 
would be used as the encoding technique. With 
such a system, deterioration due to line loss and 
moderate noise would be almost nonexistent. In 
addition, if a pulse, no matter how badly dis- 
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Figure 4. Binary Coding for Pulse Group of Three 


torted, could be detected, it would be regenerated 
without any loss of information. 


The major drawback of such a system is its 
need for equipment and lines of extremely large 
bandwidth—1 mc or better. However, with new 
techniques and advances in the high-frequency 
art, the use of pulse-encoding techniques in tele- 
phone communication is foreseeable in the not- 
too-distant future. 


A pulse-encoding TDM system inherently pro- 
vides for convenient high-speed data transmission. 
Since the audio is already in a digital pulse form 
during transmission, digital data pulses may be 
directly substituted for the audio coded pulses. 


Now that the reasons for interest in digital and 
pulse encoding have been established, let us take 
a closer look at specific pulse-encoding techniques. 


Although all pulse-encoding systems are bas- 
ically related, they can be divided into several 
types. Of these we will discuss only those which 
yield encoded messages whose information is con- 
tained in the presence or absence of the pulses. 
Three such techniques are Pulse Code Modula- 
tion (PCM), Delta Modulation (DM), and Ex- 
ponential Delta Modulation (EDM). 


Pulse Code Modulation 


The theory of Pulse Code Modulation is 
slightly over 20 years old and was first described 
by A. H. Reeves in a French patent dated 1939, 
and in an America specification in 1942. Since 
then, great strides have been made toward com- 
plete PCM communication systems, and several 
experimental systems are presently in operation. 


Briefly, the philosophy of PCM is as follows: 


An analog signal (in our particular case, audio 
in the 100 cps to 5 Ke range) is sampled at twice 
the highest frequency, yielding PAM. Each PAM 
sample is then encoded, for amplitude, into a 
group of pulses of equal amplitude and width. 
The particular coding scheme used is optional, but 
most often it is binary. That is, a PAM sample 
is encoded into a group of N pulses, each pulse 
having binary significance. Then 2 different 
codes are possible for representation of 2N ampli- 
tude levels (see Figure 4). This is a typical am- 
plitude coding scheme for a pulse grouping of 
N = 3. This will give 2° or 8 possible and distinct 
codes. Such a coding arrangement is referred to as 
a 3-bit code whose pulse positions carry the fol- 
lowing weights: the first pulse represents a value 
of 2° or 1, the second pulse 2! or 2, and the third 
pulse 2? or 4. Thus the 8 combinations of the 3 
pulses give corresponding values from 0 through 7. 


A pictorial representation of one cycle of a 
sampled audio sine wave and the corresponding 
3-bit code representing the amplitude of each 
sample is shown in Figure 5. In this particular 
example, the sine wave is taken at the maximum 
expected amplitude of six units, and the resultant 
amplitude range is divided into seven different 
levels. The eight level, represented by no pulses, 
is omitted. The frequency of the sine wave is ap- 
proximately 830 cps. The sampling frequency is 
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10 Ke and the coded-pulse repetition frequency the existing quantizing levels is provided. This 
is 30 Ke. can be done by studying the probable ranges of 

The first sample is seen to be four units in speech power expected and designing for a denser 
magnitude; therefore the code transmitted is one concentration of quantizing levels in the most 
pulse in the third position, having a value of 2? probable power ranges. Such non-linear quanti- 
or four units, and so on for the following samples. zation will permit use of fewer levels (e.g., a 
The process of sorting the PAM samples accord- smaller value of N). With these improvements to 
ing to their amplitudes is termed quantizing, and the basic PCM system the bandwidth require- 
the levels into which the dynamic audio range is ments can be reduced to approximately 3 mc—the 
divided are called quantizing levels. Since within lowest limit for a practical system. 
N possible pulse positions there exist only 2N The sequential operation of a hypothetical 3-bit 
different levels, and since the audio can be PCM system is shown in Figure 6. At the en- 
thought of as existing at an infinite number of coder, the audio source is sampled by a 10 Ke 
levels, the difference in the actual amplitude of clock pulse, producing PAM. The PAM samples 
the audio sample and the coded representation of are then analyzed by the comparison circuit, 
its quantized value is termed an error and given which compares the PAM samples with the levels 
the name quantizing noise. It is apparent that the 
greater N becomes, the less the quantizing noise 
becomes, Increasing N, however, necessitates a ] — — 
corresponding increase in the transmitted-pulse ; ‘ ei 
repetition frequency, which must always be N \ 
 f, where f, is the sampling frequency. = : a 

Pulse Code Modulation systems have been ex- = 4 
perimentally constructed using five-, six-, seven- w 3 
and eight-bit codes. Studies have shown, however, = ; “PAM N 
that a five-bit system is intelligible but noisy and =° N 
an eight-bit system yields a quality of reproduc- I —— 
tion greater than necessary for conventional 0 | 
speech. Therefore, the six- and seven-bit codes LL A elle Ml les ~~ we Mw ie 
seem to be the most promising for speech-encoding TIME IN MICROSEC. PULSE CODE AUDIO SIGNAL 











PCM systems. 


Using either of these, however, puts fairly Figure 5. P.C.M. Encoding of One Cycle of a Sine Wave 


or ingent bandwidth requirements on the trans generated by the quantizing level-step generator. 
mission facility. If the sampling frequency is 10 : ran : 
ne , al The comparison circuit modulates a_high-fre- 
Kc anda six-bit code is used, the pulse-repetition : : ‘ 
quency clock (in this case, 30Kc) so that a binary 
frequency (PRF) necessary per channel would ‘ ; 
, ; code reprsenting the quantized level of the sample 
be 60 Ke. If TDM were also incorporated (which : 
, ; is generated. The pulses then proceed to a power 
would generally be the case in a practical appli- : TA aes i al . 
, amplifier for distribution to the transmission line; 
cation), then for a line capacity of 100 simul- aa 
sieiaemeadiiriaeieeeiibaaiieaiaiiaieiemtabia solo upon arriving at the decoder they are counted, 
e 5 7 oe P and a level representative of their code is gen- 


gas ee for re Yo stem eae equal a erated. The level then modulates the amplitude 
. ee er ae ae ee ee of a 10 Ke pulse train, again producing PAM. 


beyond the limits of present-day transmission The PAM is passed through a low-pass filter, with | 
lines; however, the increased cost of using high- the resulting audio being amplified and sent to 
frequency cables might very well be offset by the the veceiver 


increase in efficiency that TDM would provide. 


Alternatively, the sampling frequency and the Delta Modulation 


value of N can be reduced—the sampling fre- Delta Modulation, also, is of interest as a pulse- 
quency, to the lower limit of approximately 7 Kc encoding system, because it offers a quality of 
—before a serious loss of information is incurred. encoding comparable to PCM but uses a some- 
N can be reduced, without an appreciable increase what simpler encoding technique, for a net reduc- 
in quantizing noise, only if greater utilization of tion in circuit complexity and cost. 


110 








The principle of Delta Modulation was first 
described by E. M. Deloraine in a French patent 
dated 1942. The description was of a pulse-encod- 
ing technique which transmitted pulses represent- 
ing changes in input signal amplitude, rather than 
pulses representing the actual amplitude as is 
done in the case of PCM. The Delta Modulation 
encoder is basically a feed-back-loop in which 
samples of the audio signal are continuously com- 
pared with a step approximation to the audio. 
The result of the comparison is then used to mod- 
ulate a clock pulse which either increases or de- 
creases the approximation as required. 

For a more explicit representation of Delta 
Modulation refer to Figure 7. Let us assume the 
system is in operation, an approximation to the 
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Figure 6. Hypothetical 3-Bit Pulse-Code-Modulation System 


audio is being generated, and a clock pulse is 
used to sample the audio source and the audio 
approximation. The samples are then compared; 
if the approximation is greater than the audio, the 
pulse present from the clock is blocked; if the 
approximation is less than the audio, the pulse is 
passed. The modulated pulse train is sent to a 
power amplifier for transmission and is also fed 
back to an integrating network which forms the 
approximation. The presence of a pulse causes 
the approximation to increase a constant amount 
(see Figure 8); absence of a pulse causes the 
approximation to decrease the same amount. 
Thus, we are periodically correcting the approxi- 
mation to the audio. The corrections amount to a 
coded message representing changes in the audio 
signal from sample to sample. 


The pulses received at the decoder are used to 
correct an identical integrator and thus create an 





identical approximation to that at the encoder. 
The approximation is then filtered, amplified and 
sent to the receiver. 

As can be seen, Delta Modulation offers pulse 
encoding with pulses of constant amplitude and 
width, but employs simpler circuit functions, 
which result in lower cost. 

In the design of a practical Delta Modulation 
system, it is found that the approximation can 
change only at a rate governed by the clock pulse 
and the step height. If the change in the ap- 
proximation is called Ayuw-and the clock pulse 
frequency, f,, then the maximum slope the ap- 
proximation can follow is S,,, — Apf,. For ac- 
curate encoding of a specified audio signal, the 
maximum allowable rate of change of the approx- 
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Figure 7. Hypothetical Delta-Modulation System 


imation must be greater than, or equal to the rate 
of change of the audio signal. Let S,,,; be the 
maximum input signal slop; then S,,,; must equal 
_ 


If f(t) = A, sin 27f,t: where f, is the fre- 
quency of the audio signal and A, is its peak 
amplitude. 


Then sae = A,27rf, cos 2zf.t 
and = = Sai = 2zf, A, 


dt 
Equating S,,; = Sma and solving for f, 


ve 27rA,f; 
— 





f, 


To obtain realizable and practical values of f, 
and Ay, we must make a further study into the 
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nature of the speech spectrum for which we wish 
to calculate these parameters. 


Figure 9 shows a db versus log-frequency plot 
of typical expected speech. The energy curve is 
flat from about 150 cps to 300 cps, with a peak 
at 500 cps; it then falls off at approximately 12 
db per octave. The linear-integrator frequency 
response is shown as the straight line passing 
through wi — 500 cps and having a slope of 6 
db per octave. (This particular integrator re- 
sponse was chosen because in order to achieve the 
highest possible quality of encoding, the speech 
and integrator frequency response characterictics 
should match as closely as possible without caus- 
ing attenuation of the encoded signal. ) 


Then a 27A, (500 cps) 
1/20 A, 
f, = 63 Kc 

Thus, it is seen that PCM and DM are quite 
comparable in bandwidth requirements for com- 
parable encoding quality. 

From a closer study of the response character- 
istics in Figure 9, it becomes apparent that the 
linear integrating network for a DM system is 
not the most desirable. It appears that an inte- 
grating network could be made to have a response 
function more closely approximating the speech 
(flat from 100 cps to 500 cps, falling off at 6 db 
per octave to 900 cps, and then falling off 12 db 
per octave after 900 cps), and a far more ac- 
curate approximation could then be expected, 
with a resultant increase in encoding quality and/ 
or a reduction in necessary bandwidth. In June, 
1956, the Telecommunication Division of the 
Signal Corps Engineering Laboratories disclosed 
such a Delta Modulation system and called it 
Exponential Delta Modulation (EDM). 





Exponential Delia Modulation 


The EDM encoding technique is basicaliy the 
same as Linear Delta Modulation (LDM), ex- 
cept for its integrator, which yields the matched 
response shown in Figure 9. A doubie integra- 
tion network (similar to the circuit also shown 
in Figure 9) with corners at wi and we, is needed. 


A simplified display of an Exponential Delta 
Modulation approximation to one cycle of a sine 
wave is shown in Figure 10. Here a single RC 
integrating network is used for simplicity; the 
approximation may be generated by supplying 
a step function to the network—either for a rela- 
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Figure 8. Linear Delta-Modulation Encoding Principle 


tively short time in comparison to the period of 
the PRF, or for the full period of the PRF. 
Either way, the approximation wave form will 
charge to the same point by the end of each PRF 
period. Whenever the approximation is less than 
the audio, a voltage pulse is allowed to charge 
the capacitor, causing a step increase in the 
approximating wave form. Afterwards the ap- 
proximation is allowed to decay toward a bias 
level at the RC rate until the next pulse occurs. 
If at a sample time the approximation is above the 
signal level, it is allowed to continue its decay 
toward the bias level. 


The net exponential function relating the en- 
velope of the step increase at the output of the 
integrator is exactly the same as the exponential 
function relating the decay. This can also be seen 
by examining the equation for instantaneous value 
of the increasing envelope: 


v(t) = A,(1 -—e 
The instantaneous decay equation is: 


V(t) = A,e *"* 
where RC is the combined time constant of the 
integrator. In the solution of the design equations 
of an EDM system we obtain the relationship: 


1 1 
fay ” 27rR.C, ame fie a 27R.C,2 


where f,, is the first corner frequency and f,, is 
the second corner frequency. 


In Linear Delta Modulation it was seen that 
the encoder could encode ever-increasing ampli- 
tudes as the frequency decreased below wi. How- 
ever, in an EDM system this is not the case. The 
integrator network is exponentially limited to the 
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Figure 9. Speech and Delta Modulation Integrator Response 


dynamic range determined by the bias level and 
the magnitude of the input step. For example, 
if the integrator were a simple series R and shunt 
C arrangement, then a voltage step of 5 volts at 
the input to R would result in an exponential rise 
to 5 volts at the output. For proper design, the 
maximum dynamic range of the encoder, and the 
maximum expected audio signal, should be equal. 


So far no mention has been made of the sam- 
pling frequency, f,; this is because there is no 
explicit relationship for f,. In theory it must be 
at least 2f.,, where f,,, is the highest audio fre- 
quency; however the quantizing noise at this min- 
imum value of f, would be intolerable. Thus, the 
desired value of f, is determined by trial and 
error, and experiments have yielded values in the 
order of 10 to 20 times f,,,. In an experimental 
system developed by the Signal Corps it was 
found that the practical lower limit for f, is ap- 
proximately 30 Ke and that a typical value for 
f, is 50 Ke. At f, — 30 Kc the speech was in- 
telligible but noisy. At f, greater than 70 Ke 
there was no noticeable improvement in the en- 
coding quality. Here again we find that the 50 to 
60 Ke RPF range is indicated for a pulse-encoding 
system. 


SUMMARY 


Having covered the three basic encoding tech- 
niques—Pulse Code Modulation, Linear Delta 
Moduation, and Exponential Delta Modulation— 
we can summarize the features of each and show 
practical applications in the field. 


Assuming Time-Division Multiplex is incorpo- 
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Figure 10. Exponential Delta Modulation Encoding Principle 


rated, all pulse-encoding systems are adaptable to 
line-concentrating techniques and improved long- 
distance transmission. However, since EDM is an 
improved version of LDM, the latter is of aca- 
demic interest only. As to the other systems, 
either PCM or EDM would suffice for encoding 
systems in which centralized encoding and switch- 
ing are the prime objectives. This would permit 
time-sharing of the trunk lines and of the central 
switching equipment. Either system would also 
provide high signal-to-noise ratios during trans- 
mission. 


On the other hand, if local encoding with time- 
shared local lines and central-office switching is 
desired, EDM is the better choice because of its 
simplicity and lower cost. If we project into the 
future and study the problem of high-speed data 
transmission over equipment common to tele- 
phone communication, we again find that EDM 
has more to offer—primarily because there is a 
1-to-1 corespondence in the sample and trans- 
mitted pulse, whereas in PCM each sample must 
be encoded into at least 5 pulses. Thus, for switch- 
ing systems common to both data and speech, 
EDM offers a higher data-transmission rate. With 
the impact that digital and pulse-encoding tech- 
niques have recently had on electronic communi- 
cation practices and theories, it is felt that such 
highly sophiticated techniques and systems as 
previously described will be appearing in increas- 
ing numbers in the future. The needs and demands 
of growing telephone companies are paramount, 
and digital techniques, along with pulse-encoding 
systems, hold a potential solution to many of 
their problems. 
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PORTABLE SWITCH TESTER 


Provides Complete Testing for : 


By F. B. Sikorski 


Ithough the present trend toward automation is causing increased interest in automatic routiners 
—particularly in large telephone exchanges, and where common-control equipment is used—there 
are many small exchanges in which the cost of automatic routine equipment would not be justified. 
Manual testers are still needed in maintaining equipment in small exchanges and unattended C-A-X’s, 
and even as a valuable tool to supplement automatic testing equipment in large exchanges. Since the 
future of manual routining as a part of the office maintenance program is secure, the development of 


new and improved manual test equipment must continue. 


In line with this policy, a new manual test unit, 
the Type 26 Switch Tester, has recently been de- 
veloped and marketed. This device is intended for 
comprehensive routine testing of various types of 
switches used in Strowger step-by-step systems. 
It is a new and advanced version of previous types 
of “ring, talk and busy” routine testers, incorpo- 
rates the desirable features of predecessor units, 
and embodies improved testing values for ex- 
tended-loop operation, as indicated by field ex- 
perience. 


Early Connector Test units were floor sets, 
with the testing apparatus assembled on stands. 
They were initially designed for testing various 
types of local connectors only, and although their 
circuitry was later modified to permit testing of 
toll connectors and of paystation equipment, they 
were often used, also, to test switches for which 
they were not specifically designed. The varia- 
tions that existed within particular switch types, 
and the large number of innovations in switch 
design, at times made the test conditions applied 
from the test set a compromise at best. These 
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earlier sets were also difficult to transport and to 
maneuver through narrow aisles between switch 
bays. All this pointed up the need for a really 
portable test set with more flexibile circuit design. 


The first portable routine tester was designed 
to be easily carried, and lifted onto a ladder for 
testing switches on upper shelves. The new Type 
26 Switch Tester may be used in the same way, 
but is also equipped with a remote-control set, so 
switches that are hard to reach may be tested 
without carrying the set up the ladder. 


Before describing the Type 26 Tester and its 
use, however, let us briefly review the facilities 
that are built into Strowger equipment to permit 
easy testing. A test jack, which is an integral part 
of each switch, provides access to the leads in- 
coming from the preceding switch. Thus, for a 
connector, the negative and positive incoming line 
leads, the “C” or control lead, and the ““EC” or 
extra control (if a toll connector) are always ac- 
cessible for test purposes via the test jack. To 
further facilitate testing, one number of each con- 
nector hundred-group (customarily line “99’’) 
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Sturdy steel cabinet of the Type 26 Portable Switch Tester 
has sloping panel for easy operation of keys. 


Remote-Contro!] Set (shown), operator's headset, and five With snap-on cover, the Tester is 1'2” wide, 6%” high, 
different types of cords are provided for various tests. and 1/0” deep, and weighs about 40 Ibs. 








remains unassigned. The outgoing negative, posi- 
tive, and “C” leads of line “99” are multipled 
throughout the shelves of connectors, and are 
brought out to a “test-number” jack conveniently 
located on the structural frame of each connector 
bay. A test unit is thus able to access each con- 
nector through its test jack by means of a “call- 
ing” cord, and to terminate test number “99” in 
the test set by connecting an “answer” cord to 
the test-number jack. 


As can be seen in the illustration, a dial is used 
as a source of pulses for stepping the switch under 
test, a set of lever keys is provided for controlling 
test conditions and initiating switch responses, 
a telephone receiver is supplied for monitoring 
tones, a ringer or AC relay is included for detect- 
ing connector ringing, and lamps are provided for 
recognizing and identifying supervisory signals. 
Facilities are also included for associating a puls- 
ing test set or “varying machine” with the Switch 
Tester, if it is desired to apply marginal-pulsing 
test conditions to switches under test. This com- 
bination permits varying tests to be conducted, 
along with the functional tests provided by the 
Switch Tester. The varying machine may also be 
used to provide a metered source of nine pulses 
for stepping switches to the test line. Cord patch- 
ing between the two test units is such that the 
remote control set may be used with this com- 
bination. 


These are the general types of switches which 
the new unit is capable of testing: 


Local connector (or local features of a com- 
bination connector ) 


Toll connector (or toll features of a combina- 
tion connector ) 


Toll transmission selector 

Intertoll and transmission selector 
Paystation repeater 

Reverting-call switch (Special Digit Access) 
Directory-number reverting-call switch 
Directory-number reverting-call connector 


Precautions have been taken so that proper 
test conditions may be applied in all cases, despite 
the variations that exist within each switch classi- 
fication. As an example, the adjustment of a con- 
nector ring-cut-off relay, and even the connector 
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circuit itself, varies depending on whether an 
office uses battery- or ground-connected ringing 
generator, and whether the switches have been 
adjusted for standard or for extended-loop oper- 
ation. Therefore, the Switch Tester is arranged 
to apply marginal conditions called “false trip” 
and ‘answer’ tests, to the ring cut-off relays. A 
single test network for all combinations of gen- 
erator types and loop adjustments would be only 
a compromise; by simply strapping resistors with- 
in the Switch Tester, the proper network is ap- 
plied for any one of the four combinations. 


Typical Test Procedure 


All tests take place at the switch bays; no 
switches are removed from service. The calling 
and answer cords are first patched from the Tester 
to the switch under test, and to the jack of test 
line “99.” The operator’s headset (transmitter 
and receiver) is plugged into the proper jack in 
the test set; provision is also made for plugging 
in a handset or “butt-in” phone instead of the 
headset. A complete test of a local connector con- 
sists of the following operations: 


a. Switch seizure, after verification that the 
switch is not in use. 


b. Pulsing to the test number through a loop 
resistance of 0,300, 600, or 1000 ohms, or any 
combination thereof, as controlled by lever keys 
on the Tester. Loop resistance is balanced in 
each side of the line. 


c. Pulsing with 15,000 ohms shunt resistance 
across the line. Introducing shunt resistance 
automatically removes all loop resistance pre- 
viously set up; this facilitates remote testing, 
where it would not be convenient to restore 
lever keys. 


d. Testing of “C’-lead holding-ground being 
returned from switch under test. 


e. Connector “busy” relay operating in series 
with 150 ohms resistance, and return of busy 
tone. At this point, the dial may be rotated off 
normal and the busy condition removed, to 
verify that the “busy” relay has locked up and 
opened the circuit to the rotary magnets. 


f. Upon releasing the connector after the busy 
test, the same switch may be re-seized auto- 
matically for subsequent tests without need for 
manual re-seizure from the Tester. This feature 





























reduces possibility of the switch being seized 
from another source, thus delaying further tests. 
Upon re-stepping to test line “99,” the connec- 
tor may be tested for idle-line seizure, where the 
connector switch-through relay must operate in 
series with 1470 ohms resistance. 


g. Ringing, and verification of ring-back tone 
being returned. By lever-key operation, either 
bridged or divided ringing, on either side of 
the line, may be checked. 


h. False trip or premature ringing cut-off. The 
resistance network for this test is applied during 
the silent interval of ringing. The value of this 
d-c network was selected after extensive tests 
as being representative of the many variations 
of a-c networks which would be required to 
conduct this test during the ringing interval. 
Conditions and combinations of ringing fre- 
quency, ringing voltage, exchange voltage, line 
leak, type of ringers, prior magnetic “soak” 
of the ring-trip relays, aging effects of the ring- 
trip relay—all were considered in establishing 
the test network. A test is considered success- 
ful if ringing continues after the false-trip net- 
work is removed. 


i. Answer, or ring cut-off. This network, too, is 
applied during the silent interval of ringing 
and its value was also determined by test. As 
previously mentioned, the answer and false-trip 
networks are set as determined by the type of 
ringing generator and subscriber line-loop oper- 
ation. In some instances the required “‘answer”’ 
test network is too large in value to be a fair 
test for the connector back-bridge relay. If the 
answer network successfully operates the ring- 
cutoff relay, the network is automatically ad- 
justed within the Tester to a value suitable for 
operation of the back-bridge relay. 


j. If the back-bridge relay operates successfully, 
a tone generator is set in operation within the 
tester. This tone is passed through the switch 
under test, then back into the calling portion of 
the Tester and into the operator’s receiver, 
where it serves as a check on the quality of 
transmission. 


k. The release features of the connector—last 
party, called party, calling party. At this time, 
the connector Supy. 1 and Supy. 2 permanent 
signal alarms may also be checked. 


Either part, or all, of the tests enumerated 
above are basic to the testing of any switch. If 
features of a selector are to be tested, the calling 
cord is extended to the selector, but the answer 
cord is connected to test line “99,” and the test 
call will be terminated through a connector. 


Special Test Facilities 


When testing features of a toll connector, the 
EC lead of the switch is brought into the Tester 
via the calling cord. Ringing may then be con- 
trolled by lever-key operation; the Tester is so 
arranged that a timed open period is introduced 
onto the EC lead, independent of the key opera- 
tion. The Tester is capable of recognizing the 
various types of supervision possible with different 
toll connectors. Supervision, such as removal of 
all d-c potential (“dry loop”), or reverse battery 
over the loop, or EC lead is identified at the 
Tester to give an indication of whether the switch 
under test is responding correctly. 


For testing toll transmission selectors, the 
Switch Tester is arranged with controls similar 
to those available to an operator at a toll board 
position; in turn, the supervision received at the 
Tester is similar to that received at the toll posi- 
tion. Cords are supplied which permit patching a 
ringing supply and a coin-control supply into the 
Tester. It is then possible to check the ring and 
re-ring features of the toll selector (and coin- 
refund and coin-collect, if the selector is so ar- 
ranged). 


In establishing a call to a paystation repeater, 
the Switch Tester unbalances the outgoing line 
with a test network, applied at the mid-point of 
the loop, to simulate actual conditions after coin 
deposit at a pay phone. Response of the paysta- 
tion repeater after an incomplete or unanswered 
call to the test line is then checked. The Tester 
recognizes the +- or — polarities of a coin-control 
supply voltage, and lights a coin-refund lamp in 
accordance with the refund signal from the re- 
peater. In like manner, a coin-collect lamp in the 
Tester responds to a collect signal from the re- 
peater after a completed call. 


A test of a reverting-call switch requires use of 
the calling cord and not the answering cord. After 
a call has been established, an appropriate lever 
key is operated, which opens the calling loop to 
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signal the reverting-call switch to start ringing. 
This key also switches the test-set network ordin- 
arily used at the called end to the calling end, to 
enable detection of ringing from the switch under 
test, and to make possible a false-trip and answer 
test on the ring cut-off relay. A test of a directory- 
number reverting-call connector proceeds along 
the same lines as a test of a local connector, 
except that a lever key is operated in the Tester, 
which connects the incoming and outgoing “‘C” 
leads to simulate the condition necessary for 
identification of a reverting call. 
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Summary 


The Type 26 Switch Tester is intended to make 
manual switch-routining as flexible, universal, and 
simple to perform as possible. Portability, the 
ability to function with a Pulsing Test Set, the 
remote-control feature, the capability of testing 
many switch types with accurately simulated test 
conditions—these facilities have been indicated 
as desirable through past experience with similar 
units, and as a result, all have been incorporated 
in the present unit. 
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